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In  this  project,  a  sigma-delta  modulator  has  been  designed.  The  circuit 
was  designed  and  simulated  using  model  parameters  corresponding  to  the 
Vitesse  1.2  micron  GaAs  MESFET  technology.  The  clock  rate  of  the  circuit 
is  512-Mhz  and  preliminary  results  show  that  it  can  be  used  for  a  9-10 
bit  A/D  converter  accepting  a  A-Mhz  input  signal.  This  bandwidth  could  be 
used  for  video  signals  such  as  television. 
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1  Introduction 

The  idea  behind  sigma-delta  A/D  conversion  is  oversampling.  I'he  oversampling  rate  is  much 
greater  than  the  Nytiuist  frequency.  Oversampling  allows  time  resolution  to  be  traded  tor  am¬ 
plitude  resolution.  Unlike  ordinary  delta  A/D  conversion,  sigma-delta  A/D  allow's  amplitude 
resolution  to  increa.se  more  than  the  time  re.soliition  decreases.  The  basic  components  ot  a 
sigma-delta  A/D  converter  are  a  modulator  and  a  filter. 

The  purpose  of  the  modulator  is  to  encode  the  analog  input  into  to  a  stream  of  bits  and  to  push 
most  of  the  noise  generated  from  this  quantization  into  frequencies  higher  than  the  input  band¬ 
width.  The  modulator  encodes  the  bits  such  that  the  recent  average  of  the  bits  is  approximately 
the  input.  The  output  is  an  oscillation  around  the  input.  These  oscillations  correspond  to  the 
quantization  noise  and  there  frequency  should  be  as  high  as  possible. 

The  purpose  of  the  filter  is  to  remove  most  of  the  quantization  noise  which  is  located  in  the 
higher  frequencies.  Two  approaches  can  be  used  for  the  filter.  One  approach  is  to  take  the 
modulator  output  through  a  low-pass  filter  directly  |4).  Another  approach  is  to  first  decimate 
the  modulator  output  and  then  |)ut  it  through  a  low -pass  lllter  12|.|3).  In  either  approach,  the 
order  of  the  first  stage  of  the  filter  should  be  greater  than  the  order  of  the  modulator  so  that 
more  noise  will  not  be  generated  121,14). 
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Figure  1  Sigma-delta  model 
2  Sigma-Delta  Model 

The  sigmu-deUu  modiiluior  designed  is  a  second-order  iiioduhiior.  Figure  I  shows  a  z-doinain 
view  of  the  second-order  modulator.  It  consists  primarily  of  two  integrators  and  a  comparator. 

The  integrators  are  modeled  as  discrete  time  accumulators  amplified  by  integrating  coefficients. 
The  sigma-delta  modulator  designed  uses  continuous  time  adders  and  integrators.  To  model  the 
sigma-delta  modulator  in  the  z-domain,  special  treatment  is  given  to  inputs  of  the  adders  which 
are  not  constant  over  each  clock  period.  For  the.se  signals,  an  e.stra  transfer  function  is  inserted 
which  calculates  the  average  value  over  each  period. 

The  clocked  comparator  output  is  constant  over  each  period,  so  it  goes  to  the  adders  with  just  a 
delay.  For  the  first  integrator,  X(z)  is  approximately  constant  over  each  cluck  period,  so  its  out¬ 
put  is  linear  during  each  clock  period.  Because  this  function  is  linear,  the  average  value  needed 
for  the  .second  integrator  is  simply  the  average  of  the  current  value  and  the  previous  value. 

The  comparator  is  modeled  as  an  amplifier  and  a  white-noise  source  caused  by  quantization. 
The  assumption  that  the  quantization  can  be  modeled  as  a  white  noise  source  has  been  used  by 
many  other  authors  1 1 1-131.  The  amplifier  stage  of  the  comparator  is  used  in  the  model  to  com¬ 
pensate  for  the  integrating  coefficients  and  make  the  a\erage  of  Ytz)  be  Xtz).  'I'he  average  of 
Y(z)  must  be  X(z)  because  the  feedback  causes  the  average  ini)ui  to  ilie  first  integrator  to  be 
zero. 

From  Figure  I,  the  relationship  between  X(z)  and  Ytz)  is 

ab{Y(z)- q)  =  (I) 

(l-  z-^y{Y(z)-  q)  =  '-^X(z]-  +  (2) 

[‘  +  (5  +  5-  2)2- ‘  +  (5“  5  +  =  ^^X[z)  +  (^l-  z->)  ^  (3) 
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'J'o  reduce  excess  frequency  components,  the  z  *  and  z'"  terms  on  the 
should  be  made  zero.  The  solution  to  this  restriction  is 

left  hand  side  of  (3) 

1 

"  =  1 

(4) 

'I'he  frequeticy  respon.se  of  the  tioise  lertn  in  equation  (3)  is 

N'(co)  =  =  q^l- 

(5j 

N'((o)  =  —  2^ 

(6) 

{(o)  =  —  2qe~^^^{\~  cosoiT) 

(7) 

jV(£n)j  =  2^(1-  cosioT) 

(8) 

This  noise  funciion  peaks  at  half  of  the  sampling  freciuency  and  is  very  small  for  frequencies 
much  smaller  than  the  sampling  frequency. 
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Figure  2  Sigma-delta  architecture 
3  Architecture  Sigma-Delta  Modulator 

A  block  diagraiii  of  the  haidvvarc  architecture  tor  realizing  the  second-order  sigma-delta  modu¬ 
lator  is  shown  in  Figure  2.  The  circuit  consists  of  tuo  adder/inlcgrators,  a  comparator  contain¬ 
ing  two  sense  amplifiers,  and  a  biasing  circuit.  Throughout  the  wliole  cireuii,  complementary 
signals  are  used. 
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Figure  3  Sigma-delta  timing 
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Figure  4  Model  of  the  adder/integrator 
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A  timing  diagram  is  sliuvvn  in  lagure  3.  The  two  clucks  should  be  nun-uveilapping.  'I'he  clock 
frequency  is  512-Mhz. 

Because  the  sense  amplifiers  do  not  sense  instantaneously,  the  integrators  need  to  be  clocked. 
By  having  the  clocking  the  integrators,  the  feedback  from  '’'.e  comparator  can  be  constant  while 
the  integrators  are  integrating.  1'he  comparator  switches  w  hen  the  integrators  are  off. 

Another  advantage  of  having  the  integrator  clocked  is  that  the  first  sense  amplifier  can  be  sam¬ 
pling  constant  inputs.  This  improves  the  accuracy  of  th.  comparator. 

Two  main  power  supplies  are  used  in  this  circuit.  The  sourcing  sujiply  is  -rS.OV  and  tlie  sinking 
power  supply  is  -4.()V.  Lower  supplies  can  be  used  hn  the  sense  amplifiers  (-t-T.OV  and  -2.()V). 

3.1  Adder/Integrator 

A  model  of  the  adder/integrator  is  shown  in  Figure  4.  Instead  of  using  a  standard  op-amp  con- 
figi.  ‘'e  square  law  of  the  transistors  is  e.xploited  to  perform  the  integration. 

From  the  characteristics  of  capacitors,  the  output  is 

ZIV3  =  Ll.di  (9) 
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and  llic  ciinviu  iliiongli  llic  capaciiuis  is 


AI^=-{aI^^  Al^}j  (lOj 

For  tlie  iiuegraliun  lu  bo  liitcar  witli  lespoct  lo  ll>c  input,  it  is  nccossai  y  that  cacli  ol  tlicse  cuiront 
diJi'crcnoes  be  lineaf  uitli  respect  to  the  inputs.  Ne'rlecting  ouij).  t  lesistatice  and  velocity  satu¬ 
ration  elTeets,  the  current  through  the  left  branch  due  to  the  first  input  is 
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\L 


(11) 


1 


\L 


(12; 


Similarly  tlie  current  through  the  right  branch  is 


I 


(Vj+V  V|)4V,+ 


(rs+V  v,y 


(1.1) 


'I'lie  current  difference  due  to  the  first  input  is  then 

zl7,  -r  V^-  V7)zlV,  (14) 

Similarly,  the  current  difference  due  to  the  second  input  is 

AI,  =-/?2(v'5  +  Vj-  VljAV,  (13) 

Assuming  tf.e  common  mode  \ollages  of  Vj  and  N'-,  are  constant  and  using  eciiiations  (3),  ((i), 
(!()),  and  (11),  the  output  of  the  integrator  i> 

(K'j 

'I'he  input  rtmge  is  limited  by  tlie  threshold  voltage  and  tlie  ma.simum  voltage  across  the 
Schottky  junction  (Vj^,).  'I  he  input  range  is 

V.J.  +  V^-V^AV<  +  V,.-  V  (17) 
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'I'o  allow  ihe  maximum  ix)silivu  sw  ing  looiiual  the  maximum  negaii\c  sw  ing  slu)uld  be 


^5  = 


-V'-V, 


D 


+  V 


(18) 


I'or  the  iransislots  ul  this  ciivuil,  was  close  to  the  magnitude  ol  the  liiieshold  voltage,  so  M ^ 
chosen  was  giotuui 

Dependent  etu  :iu  souiees  are  necessary  because  the  average  current  going  through  the  input 
transistors  is  i.Oi  constant  due  to  the  snuare  law  of  the  liaiisistors.  '1  he  dependent  current 
sources  shovild  keep  all  transistors  in  saturation  lor  all  possible  inputs. 
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Figure  5  Oigital/analog  acider/integrator 


'I’lie  implcmcnuiliuii  ul'  llic  addcr/iiuegrator  is  sliuvsii  in  1-iguic  5.  li  consisls  ul  an  iiUcgiating 
stage,  a  level  slutting  stage,  and  an  output  stage.  '1  his  eireuit  adtls  an  analog  signal  to  a  digital 
signal  and  integrates  it. 

'I’o  iinpleiueni  the  dependent  eunent  suuiees,  iiulepeiulenl  eunenl  souivrs  eouplcd  will)  depend 
ent  cun\;nt  sinks  were  u.sed.  'I'he  independent  eurreni  sourees  are  and  1  he  dependent 

current  sinks  aie  in  X  j.  and  are  sized  to  be  able  to  source  the  ma.xinuiin  amount  of 

total  current  that  Xj,  X-,,  and  X^  sink.  The  transistors  in  X^  are  sized  to  be  able  to  sink  all  ol 

the  current  Iroin  and  when  Xj,  X-y,  and  X  ^  are  oil'. 

For  the  integrating  stage,  transistors  are  in  cascode  conligurations.  This  increa.ses  the  output 

resistance,  but  the  backgating  elt'ects  of  tt'tJ  Q(,i^  become  dominant  in  determining  the  out¬ 
put  resistance. 

To  increase  the  output  resistance  of  and  a  threshold  of  voltage  is  kept  across  each  of 
them,  which  is  just  enough  to  keep  them  is  saturation.  To  obtain  this,  a  half  a  threshold  rise 
obtained  from  and  and  the  other  half  comes  from  Q.^|^  and  Q^j^.  'lb  achieve  the  half  a 
threshold  rise  due  to  Q.y|^  and  the  sizing  between  them  and  and  is  4.  This  should 
be  true  of  the  other  transistors  with  respect  to  Qy|^  and  Qy,^,  but  the  backgating  and  lambda  ef¬ 
fects  forced  them  to  be  much  larger. 
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Figure  6  Integrator  Input 

One  purpose  of  ilie  circuit  in  Figure  6  is  to  increase  the  output  resistance  of  the  sinking  transis¬ 
tors  of  tlie  integrating  stage.  'Hie  gate  voltages  of  and  are  not  kept  constant  like  most 
other  cascode  configurations,  but  vary  inversely  witli  respect  to  the  drains  of  and  Ojj^. 
This  allows  this  circuit  to  have  an  output  resistance  to  be  on  the  order  of  but  the  cur¬ 

rent  sources  dominate  the  output  resistance  of  the  integrating  stage. 

Another  function  of  the  circuit  of  Figure  6  is  to  make  and  Qu^  follow  the  sipiare  law  more 
closely.  I’he  drains  of  and  Q|[^  vary  inversely  with  respect  to  the  in|nit  due  to  the  change 
in  current.  These  clianges  are  smaller  because  of  the  compensation  by  and  due  to  the 
inverter  amplifier. 

A  third  function  of  this  circuit  is  to  allow  Qn  orQ,,^  to  be  turned  off.  'This  is  accomplished  by 
having  an  external  transistor  pull  X|^  or  low.  'These  external  transistors  are  show  in  Figure 
5?.  One  set  of  transistors  can  turn  off  Xj,  X-,,  and  X^  which  stops  the  integration.  'The  other 
pull  down  transistors  allow  conversion  of  digital  voltages  to  the  corresponding  analog  currents. 
When  INjji^  is  on  and  is  off,  current  due  to  KFId^  is  sunk  on  the  left  sitle  and  current  due 
to  REFj^  is  sunk  on  the  right  side.  When  IN^^^  is  off  and  INj^i^  is  on,  the  opposite  occurs. 

A  problem  with  this  nietlutd  of  switching  currents  is  that  the  sw  itching  interferes  with  some  of 
the  analog  values.  One  signal  pair  that  is  distorted  is  the  outputs  of  the  first  integrator  or  inputs 
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of  the  second  integrator.  When  Q2L  or  Q2f^  of  Figure  6  is  turned  off,  the  drain  of  or 
must  go  to  ground.  This  change  in  voltage  cau.ses  capacitive  feed  through  to  the  input.  The 
changes  in  voltages  also  cause  spikes  in  the  output  currents  of  Figure  6.  One  way  this  problem 
may  be  alleviated  is  to  provide  a  dummy  current  path  when  a  branch  is  turned  off  14]. 

The  level  shifting  diodes  Di^-Dy^  iH'd  create  a  sufficient  voltage  drop  to  be  able  to 

turn  oil  Xj  and  keep  iransisiors  in  X|,  X,.  and  X^  in  saiuralion.  1  i)e  level  shilling  diodes  OvjL' 
and  create  a  sufficient  voltage  drop  to  be  able  to  keep  Qpj  and  Q]^J^  in  satura¬ 

tion  when  tile  output  voltages  are  minimum  and  X^  is  sinking  all  current  from  and 
Because  of  the  amount  of  diodes  in  the  level  shifting,  the  feed-forward  capacitors  n>'d  C-,|^ 
are  used  to  improve  the  dynamic  response. 

The  last  stage  of  the  circuit  in  Figure  5  bia.ses  the  outputs.  The  outputs  are  approximately  bi¬ 
ased  around  BIAS  because  Q,^  is  double  the  size  of  Q^l  Qi4R-  output  stage 

is  differential,  the  common  mode  element  is  removed.  This  is  important  for  the  first  integrator 
because  equation  (16)  for  the  second  integrator  would  not  be  valid  if  the  common  mode  element 
was  not  removed.  'I’he  gain  of  the  output  stage  is 


3.2  Sense  Amplifier 

The  sense  amplifier  is  shown  in  Figure  7.  Buffered  FF  T  logic  is  used  in  the  sense  amplifier. 
The  SAMPLE  and  SENSE  clocks  are  non-overlapping. 
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Figure  8  Biasing  circuit 

During  llie  SAMPLt-  pluisc,  attd  Q^^  partially  pull  clown  their  drains.  Assuming  enough 
time  is  given  tor  sampling,  the  drains  will  rellcct  the  inputs  at  the  end  ot  the  pha.se.  During  the 
SFNSF.  idiase,  and  are  eross-coupled  to  form  a  flip-flop.  This  flii)-flop  switches  to 
one  of  its  steady  states  depending  on  what  its  initial  conditions  were.  These  initial  conditions 
are  detennined  by  the  SAMPLE  phase.  If  the  drain  ot  is  initially  higher,  then  the  gate  of 
will  be  lower,  so  it  sinks  less  current  than  Q^j^.  This  cause  the  voltage  ditlerence  to  be 
greater.  This  will  continue  until  a  steady  state  is  reached.  It  the  drain  ot  is  initially  lower, 
then  the  opposite  will  happen. 

3.3  Biasing  Circuit 

The  biasing  circuit  is  shown  in  Figure  8.  One  reason  for  this  circuit  is  to  bias  the  output  of  the 
second  adder/integrator  so  that  the  input  transistors  to  the  first  sense  amplitier  can  be  guaran¬ 
teed  to  be  on.  'The  sense  amjilifier  would  not  work  if  this  were  not  the  case.  Another  reason  tor 
this  circuit  is  to  cause  the  sensing  to  start  close  to  the  unstable  operating  so  that  it  can  occur 
quickly. 

The  right  half  of  the  biasing  circuit  is  equivalent  to  the  output  st;ige  of  the  ;iddcr/integrator.  Dj 
and  correspotid  to  atid  of  Figure  'To  make  the  current  through  Q,  correspond 
closely  to  the  current  through  Q|j  of  Figure  5,  is  used.  is  sized  the  same  as  Qj  so  that  its 
gate  to  .source  voltage  is  appro.ximtiiely  zero  making  the  drain  ot  Q| appro, ximately  equal  to  the 
drain  of  Q,. 

The  left  half  of  the  bitising  circuit  corresponds  to  half  the  the  sense  amplitier  during  the  sam¬ 
pling  pha.se.  is  used  because  ol  the  small  voltage  rhop  across  1  igme  7.  Since  is 
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Figure  9  Output  Spectrum 

the  same  size  as  Qj,  the  input  to  the  left  half  of  the  biasing  circuit  should  be  approximately 
equal  to  its  output.  This  bias  point  corresponds  to  a  high  gain  biasing  for  the  sampling.  When 
the  inputs  to  the  sense  amplifier  are  equal,  they  should  approximately  equal  to  BIAS  and  the 
outputs  should  be  equal  to  BIAS. 


4  Simulation  and  Performance  Evaluation 

The  circuit  was  modeled  using  the  HSPICE  software  and  parameters  for  the  Vitesse  1.2  micron 
MESFET  process,  'fhe  models  for  the  transistors  include  many  of  the  non-linearities  including 
backgating.  A  4-Mhz  input  with  an  amplitude  of  half  the  reference  voltage  was  used  with  a 
512-Mhz  sampling  frequency.  Only  4  input  cycles  or  512  sample  cycles  were  simulated  be¬ 
cause  of  the  time  needed.  It  took  I  day  on  the  fa.stest  machine  available.  Because  only  4  input 
cycles  w'ere  used,  the  accuiacy  of  the  FFT  analysis  is  limited.  One  author  |3)  suggests  that  at 
least  32,708  samples  or  250  input  cycles  are  needed  for  an  accurate  I  F  1'.  This  would  lake 
about  2  months  to  simulate. 

After  the  transistor  level  simulation  was  done,  an  FFT  of  the  wodulutor  output  was  performed 
to  characterize  the  performance  in  the  frequency  domain.  The  I’V -WAVE  .software  was  used 
for  the  frequency  analysis  and  the  results  of  the  signal  to  noise  plus  distortion  fS  /  N-t-D)  are 
shown  in  Figure  9  for  both  linear  and  logarithmic  scales.  The.se  results  include  the  effects  of 
noi.se  due  to  quantization  as  well  as  other  distortions  introduced  by  actual  transistor  level  circuit 
effects.  If  the  quantization  noise  corresponded  to  white  noise  (as  assumed  in  the  earlier  theo¬ 
retical  di.scussion),  then  the  frequency  response  at  the  output  would  correspond  to  equation  (8). 
This  would  predict  a  peak  noise  at  half  the  sampling  frequency  (25()-Mhz).  As  seen  in  Figure  9, 
the  noise  plus  distortion  peaks  in  the  neighborhood  of  25()-Mhz,  but  as  one  would  expect,  does 
not  correspond  exactly  to  the  white  noi.se  assumption. 

Assuming  the  baseband  is  less  than  10-Mhz,  the  simulated  signal  to  peak  noise  plus  distortion 
density  shown  in  Figure  9  is  473.  The  number  of  effective  bits  resulting  from  the  decimated 
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tillered  uiii|)iu  of  die  iiiudiihiiur  eaii  be  predieied  tor  llie  signal  lo  noise  plus  disioiiion  ratio  15|. 
Tlii-s  result  suggests  at  least  an  X-bit  resuliilion  (i.e.  2*^  <  473)  lor  an  input  with  inagnilude  of 
one  half  the  reference  voltage.  A  y-bit  or  lO-bit  resolution  may  be  obtainetl  il  the  maximum 
magnitude  of  the  input  approaelies  the  lelerenee  voltage.  As  staled  aliose,  tlie  aeeinaev  ol  tliese 
results  is  limited  due  ttr  the  restricted  length  of  the  time  domain  ouljnil.  1  be  actual  accuracy 
may  be  considerably  better  if  sufficient  input  cycles  could  be  simuhited  to  eliminated  initial 
transients  from  early  cycles.  If  a  faster  and  more  abstract  model  (compaied  to  llSPlCli)  were 
used,  the  accuracy  of  the  circuit  non-linearities  would  be  lost  and  a  longer  time  simulation 
would  not  necessarily  result  in  a  better  prediction  of  the  results.  Additional  work  is  needed  on 
this  problem. 


5  Conclusion 

The  design  and  simulation  results  for  a  second-order  sigma-delta  modulator  using  GaAs  MliS- 
FET’s  has  been  presented.  Several  unique  circuits  have  been  introduced  including  a  novel  inte¬ 
grator  which  is  based  on  drain  and  source  currents  of  the  FET’s  satisfying  the  square  law.  The 
frequency  analysis  of  the  simulated  modulator  output  indicates  a  re.solution  of  9-10  bits  for  in¬ 
put  frequencies  up  to  4-Mhz.  This  performance  was  based  on/  a  limited  time  domain  output 
sequence  because  of  the  excessive  computer  time  required  for  the  simulation.  Further  work  is 
required  to  increase  the  accuracy  of  the  frequency  analysis  pre.senied.  Longer  simulations  are 
needed  without  sacrificing  the  effects  of  distortion  introduced  at  the  circuit  level.  Of  course, 
actual  performance  could  be  obtained  by  fabricating  a  circuit  and  measuring  the  performance. 
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